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Abstract
In this paper, methods are presented to design an acoustic source array for both directional sound generation
and non-directional sound generation. The methods are based on measured transfer functions to be able
to take into account different source sensitivities, to use extended sources that cannot be regarded as point
sources, and complex geometries modifying the radiation characteristics. The aim of this paper is to develop
a sound source that can be integrated in passenger vehicles with the objective to warn vulnerable road users
while minimising noise pollution. Nowadays, sensor systems exist which are able to reveal the position of
the vulnerable road users, which can be used to optimise the performance of the warning signal generator.
Based on this information, the signal generator is designed to generate the specified warning signal at the lo-
cation of the vulnerable road user while minimising the noise pollution at other locations. Such a directional
sound beam was realised with an array of controlled acoustic sources. Changes of the relative positions of
the vehicle and the vulnerable road user require continuous adjustments of the sound beam. In an alternative
operation mode the sound field should not be directional but uniform in a wide horizontal sector. It will
be shown how to combine the different requirements of directional sound radiation and uniform sound ra-
diation with a single array configuration. Practical sound sources mounted in cars should be as compact as
possible. Therefore the efficiency of the array is an important property. It will be shown that different beam
forming approaches can lead to significant differences in the efficiency of the array. The influence of beam-
forming parameters on the efficiency will be discussed as well as the physical interpretation of the resulting
beamformer solutions. The acoustic results shown in this paper to illustrate these effects are obtained using
numerical simulations based on FEM and BEM transfer function models of acoustic sources mounted in the
front of a car, combined with models of the reflecting ground and other reflecting objects.
1 Introduction
1.1 Background
1 The design of the acoustic beamforming source array is part of the eVADER European project which aims
at demonstrating acoustic warning systems for increased detectability of low noise vehicles at low speeds
(below 35km/h) by Vulnerable Road Users (VRUs), while minimising the impact on the environmental noise
levels and signature. To this end, the eVADER system combines advanced VRU detection technology, care-
fully designed warning signals (presenting a trade-off between detectability and annoyance) and dedicated
alerting strategies. To realise its dual goals, the eVADER project designs and builds a pedestrian warning
1Based on Ref. [1]
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system that will be integrated into a Nissan Leaf demonstrator vehicle. All aspects of the development of
such a system are considered ranging from the psycho-acoustic perception of artificial warning sounds to
automated pedestrian detection systems, risk estimation and interior and exterior warning system design.
This paper focusses on the development of a crucial component of this system namely the exterior warning
signal generator.
In order to optimally reduce the environmental noise impact, the design of this signal generator applies
acoustic beam forming principles and follows the following steps:
• From the functional specifications an initial beam forming assessment was performed based on sim-
plified analytical source models. The outcome of this design step is a suitable beam forming algorithm
and the selection of a limited subset of transducer configurations whose performance as installed on
the bumper of the demonstrator vehicle is studied in more detail [2].
• To this end, a FEM-based numerical model of the bumper and the separate sources was constructed
[3]. Using the obtained acoustic transfer functions between each transducer and a number of target
microphones, the optimal control strategy for each individual speaker is determined. To verify the
systems performance, these speaker control parameters are used as inputs for an acoustic verification
model. The obtained response predictions allow assessing the spatial distributions of the acoustic
pressure in a much broader area than the microphones used in the control parameter identification.
• this verification of the performance for the reference environmental conditions, a sensitivity study was
performed to assess the systems robustness with respect to changes in the acoustical environment and
to provide feedback to the design [1].
• the system has proven its robustness with respect to relevant environmental changes, a well-founded
view on the systems performance and possible critical implementation issues can be formulated [1].
This design study was executed as a collaboration between TNO and LMS, where TNO focussed their
efforts on the study, selection and validation of the acoustic beam forming strategies and LMS looked into
the numerical modelling aspects and overall process integration. In the subsequent sections of this paper
the results of the different steps in this design study are presented for a transducer array of six small-sized
loudspeakers (membrane radius 50mm) integrated in the front bumper of the eVADER demonstrator vehicle.
The geometry of the front of the car is shown in Fig. 1. Details of the numerical transfer function models
can be found in Refs. [3, 1]. Tests of the present beamforming algorithm for directional sound generation on
a car have been described by Quinn et al. [4].
1.2 Contribution
The contribution of this paper is to investigate the effectiveness of the array to generate a uniform, or non-
directional, sound field using the same array geometry as for the directional sound generation. Four methods
to generate the non-directional sound field are described.
2 Directional sound generation
This Section briefly discusses a particular approach to generate directional sound. The derivation can be
found in Ref. [5]. We define a cost function J(ω) based on an energy function of the M × 1 dimensional
pressure vector p(ω) at the desired distance from the array, which can be expressed in terms of the N × 1
dimensional source strength vector q(ω)
J(ω) = p(ω)Hp(ω) = q(ω)HRt(ω)q(ω), (1)
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Figure 1: Geometry for simulation of the acoustic radiation from the front of the car including six acoustic
sources.
in which ω is the angular frequency. This cost function is minimised subject to the vector constraint
Gc(ω)q(ω) = pc(ω), (2)
where pc(ω) defines the constraint values at specific sensors, in which theK × 1 dimensional vector pc(ω)
and theK ×N dimensional matrixGc(ω) have dimensions such thatK < M . The constraint function is
c(ω) = Gc(ω)q(ω)− pc(ω) = 0. (3)
We assume effort weighting based on an effort weighting parameter β(ω). The cost function including effort
weighting and the terms for the Lagrange multipliers using the trace notation becomes
J(ω) = q(ω)HRt(ω)q(ω) + β(ω)q(ω)
Hq(ω) + tr.
{
λ(ω)Hc(ω) + c(ω)Hλ(ω)
}
. (4)
The effort weighting is controlled by the scalar regularisation coefficient β(ω) defined by
β(ω) =
µ
N
tr.Rt(ω), (5)
in which µ is a normalised regularisation coefficient. A superscripted H denotes Hermitian transpose, the
symbol tr. denotes taking the trace of the matrix. The beamformer solution for vector constraints can be
found in Ref. [5]. The beamformer solution for scalar constraints c(ω) can be written as
q(ω) = c(ω)
(Rt(ω) + β(ω)I)
−1 gb(ω)H
gb(ω) (Rt(ω) + β(ω)I)
−1 gb(ω)H
. (6)
Fig. 2 shows the sound field and the control coefficient magnitudes for a steering angle of 0 degrees, which
is the forward direction. Six sources are used in a non-uniform array, as can be seen in Fig. 1. The total size
of the array is approximately 0.74 m. The microphones are placed on a half of a circle at a distance of 40m
from the array. Figure 3 shows the result for a steering angle of -30 degrees.
3 Non-directional sound generation
In the previous chapters the objective was to generate a sound beam with high directionality in order to warn
a vulnerable road user while minimising overall sound energy. For several other eVADER use scenarios a
sound beam is required which is non-directional. The sound should then be emitted in a specified angular
range in the horizontal plane in which the distribution in the horizontal plane is as uniform as possible. In the
following it is assumed that non-directional sound distribution is required between angles of -60 degrees and
+60 degrees with less than 6 dB deviation. The geometry is identical to the geometry for directional sound
generation.
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Figure 2: Result of a constrained least squares method minimising the magnitude squared pressure at a
normalised effort weighting of µ = 0.03 using a unity pressure constraint at 0 degrees; Sound pressure (left),
source strengths (right).
3.1 Equal drive signals
As a first approach to realise such a non-directional sound beam a strategy was suggested in which all
loudspeakers were driven with equal phase and magnitude. The resulting shape of the beam and the control
coefficients are shown in Fig. 4. It can be seen that the beam shape is far from uniform. Instead the beam
should be regarded as directional. On-axis efficiency of the array is high, but the effective width of the sound
field is small. Similar results are found when sources 2 to 4 are used, as can be seen in Fig. 5. Sound
radiation in wider sectors is obtained with sources 3 and 4 (Fig. 6), and particularly with the use of a single
inner source, in this case source 3 (Fig. 7). However, the efficiency of the latter two configurations is low.
3.2 Constrained radiated pressure
A second approach to generate a uniform sound beam was to constrain the values of the pressure at a number
of points at a constant radius, evenly distributed between -60 degrees and +60 degrees. An example is shown
in which the pressure is constrained to unity at 5 angles: -56, -28, 0, 28, 56 degrees. The resulting beam
shape and the control coefficients are shown in Fig. 8. It can be seen that indeed the sound field distribution
is much more uniform than with a directional sound beam. The inner two sources have the highest driving
levels, contrary to the case of the directional beam, in which the two outer sources have the highest driving
levels.
3.3 Driving the dominant singular vectors
Optimum efficiency can be obtained by driving the array with the dominant singular vector obtained from
the transfer function matrixG(ω) between source strengths q(ω) and the microphone signals p(ω)
p(ω) = G(ω)q(ω) = U(ω)S(ω)VH(ω)q(ω). (7)
The square matrix S(ω) is a diagonal matrix with singular values sn(ω), n = 1 . . . , N . At low frequencies
there are only a small number of dominant singular vectors. At higher frequencies the number of dominant
singular vectors is higher. The number of dominant singular vectors depends on the geometry of the array,
the wavelength of the sound and the angular radiation sector [6, 7]. A radiated sound field can be synthesised
with a linear combination of the dominant singular vectors. The singular vectors are related to the radiation
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Figure 3: Result of a constrained least squares method minimising the magnitude squared pressure at a
normalised effort weighting of µ = 0.03 using a unity pressure constraint at -30 degrees; Sound pressure
(left), source strengths (right).
modes of a radiating structure, and can be obtained from measured transfer functions [8]. The dominant
singular vectors are sufficient to prescribe the magnitude of the radiated sound field, but also the phase. Such
an approach would require selecting the dominant singular vector at each frequency, perhaps based on a
specified threshold. The singular values sn(ω) can be interpreted as the radiation efficiencies of the array.
3.4 Regularised least squares optimisation
A practical approach which effectively drives the array with the most important singular vectors is based on
regularisation, in this case effort weighting of the control magnitudes (see for example, Kim and Nelson [9])
For zero effort weighting, all singular vectors are taken into account. When the normalised effort weighting
is increased, the effective number of singular vectors decreases, the acoustic efficiency of the array increases
but the accuracy of the sound field decreases. So a tradeoff exists between the efficiency of the array and
the accuracy of the sound field to be generated. Let us define the complex valued transfer function gn(ω, θ)
which describes the transfer from array source element n to a microphone in the direction θ at angular
frequency ω. The transfer functions from the N array sources are collected in the 1 × N dimensional row
vector g(ω, θ) = [g1(ω, θ), g2(ω, θ), . . . , gN (ω, θ)]. The target pressure in the directions θ corresponding to
the microphone positions is pt(ω, θ). The complex valued N × 1 dimensional column vector q(ω) defining
the strengths of the source array elements at angular frequency ω is obtained from
q(ω) = A−1reg(ω)b(ω), (8)
in which a regularised square matrixAreg(ω) is defined by
Areg(ω) = A(ω) + β(ω)I, (9)
with an N ×N dimensional identity matrix I and a symmetric N ×N dimensional matrixA(ω) given by
A(ω) =
∫ θH
θL
gH(ω, θ)g(ω, θ)dθ, (10)
an N × 1 dimensional column vector b(ω) given by
b(ω) =
∫ θH
θL
gH(ω, θ)pt(ω, θ)dθ, (11)
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Figure 4: Result of using loudspeakers 1 to 6 with a single drive signal and unity pressure constraint at 0
degrees; Sound pressure (left), source strengths (right).
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Figure 5: Result of using loudspeakers 2 to 5 with a single drive signal and unity pressure constraint at 0
degrees; Sound pressure (left), source strengths (right).
and a scalar regularisation coefficient β(ω) defined by
β(ω) =
µ
N
tr.A(ω), (12)
in which µ is a normalised regularisation coefficient, a superscripted H denotes Hermitian transpose and
in which the symbol tr. denotes taking the trace of the matrix. The result for a normalised regularisation
parameter µ = 0.1 is given in Fig. 9. The driving levels now are much lower than the driving levels for the
constrained least squares method (Fig. 8), while the uniformity of the sound field is similar. As in Fig. 8 the
driving levels of the inner two sources are highest.
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Figure 6: Result of using loudspeakers 3 and 4 with a single drive signal and unity pressure constraint at 0
degrees; Sound pressure (left), source strengths (right).
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Figure 7: Result of using loudspeaker 3 with unity pressure constraint at 0 degrees; Sound pressure (left),
source strengths (right).
3.5 Regularised least-squares and SVD
The solution to the least squares problem in terms of the SVD involves a diagonal matrix Sˆ(ω)−1 =(
S(ω)2 + β(ω)I
)−1
S(ω) defined by
(
S(ω)2 + β(ω)I
)−1
S(ω) =

s1(ω)
s1(ω)2+β(ω)
0 . . . 0
0 s2(ω)
s2(ω)2+β(ω)
...
...
. . . 0
0 . . . 0 sN (ω)
sN (ω)2+β(ω)

=

sˆ1(ω)
−1 0 . . . 0
0 sˆ2(ω)
−1 ...
...
. . . 0
0 . . . 0 sˆN (ω)
−1
 = Sˆ(ω)−1,
(13)
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Figure 8: Result of a constrained least squares method minimising the magnitude squared pressure at a
normalised effort weighting of µ = 0.1 using unity pressure constraints at five angles in the range from -60
degrees to +60 degrees; Sound pressure (left), source strengths (right).
which can be used to compute the source strength vector q(ω) from the target strength vector pt(ω):
q(ω) = V(ω)Sˆ(ω)−1U(ω)Hpt(ω). (14)
If sn(ω)2  β(ω) then sˆn(ω)−1 ≈ 0. If sn(ω)2  β(ω) then sˆn(ω)−1 ≈ sn(ω)−1. So the regularisation
results in a specific weighting of the singular values that are taken into account for the inverse: it sets the
inverse of the singular values to zero if the singular value squared is much smaller than β(ω), and leaves the
inverse of the singular value unmodified if the singular value squared is much bigger than β(ω). Therefore the
regularised solution effectively limits the number of singular values that are taken into account. The number
of singular values for this configuration depends on the length L of the array, the angular range of interest
and the highest frequency. In this particular case approximately three singular values are needed. Therefore,
the six degrees of freedom provided by the sources should be sufficient to perform the least squares inversion
with the accuracy required for this application. The highest value of sˆn(ω)−1 for any n, i.e., the lowest
efficiency mode for any n, is the mode for which sn(ω)2 equals β(ω). Then, the lowest efficiency of any
mode n that effectively is taken into account is proportional to 1/2
√
β(ω). If the efficiency of the array is
determined by the lowest efficiency mode, then the efficiency of the array is inversely proportional to
√
β(ω),
and the regularised least squares approach gives direct control of the efficiency through the regularisation
parameter β(ω) by the number of singular values that effectively are taken into account.
4 Conclusions
Beamforming techniques for generation of directional sound fields as well as non-directional sound fields
have been discussed. The design of the beamformers is based on simulation of transfer functions from
acoustic sources mounted at the front of a car to an array of microphones at a certain distance from the car,
taking into account the influence of a reflecting ground surface and the radiation characteristics of the front
of the car. It was found that a single array geometry can be used to generate directional and non-directional
sound fields. The use of regularisation restricts the singular driving patterns of the source array to the most
efficiently radiating ones, leading to a reduction of the driving magnitudes. Using sources in parallel does
improve system efficiency in the forward direction but possibly reduces the efficiency in other directions
and significantly reduces the uniformity of the sound field. It has been shown that, as compared to using one
source, the use of 6 sources for non-directional sound generation leads to sound fields with smaller deviations
from the desired sound field while the efficiency of the system is higher.
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Figure 9: Result of a regularised least squares method minimising the magnitude squared pressure deviation
from unity pressure integrated from -60 degrees to + 60 degrees at a normalised effort weighting of µ = 0.1;
Sound pressure (left), source strengths (right).
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